In numerous implementations of modern telecommunications and digital audio systems there is a need for sampling rate change of the system input signal. When the relation between signal input and output sampling frequencies is a fraction of two large integer numbers, Lagrange interpolation based on Farrow structure can be used for the efficient realization of the resample block. This paper highlights efficient realization and estimation of necessary resources for polynomial cubic Lagrange interpolation in the case of the demand for the signal sampling rate change with the factor 160/147 on Field-Programmable Gate Array architecture (FPGA).
Introduction
In modern telecommunications and audio systems there is sometimes a need to design a system as a multirate one. It means that a sampling frequency changes in the signal processing chain. In the case when sampling frequency increases L times, with L as an integer factor; the resampling is realized as an interpolator that consists of the cascaded connection of the upsampler and interpolation filter. For the M times decreasing of the sampling frequency a decimator that consist of antialiasing filter and downsampler.
The sampling frequency change factor can be a fractional number p L M  , where L and M are relatively prime numbers. In the case of fractional value of sampling frequency change factor the resampling structure can be realized as a cascaded connection of an interpolator and a decimator [1] . Interpolation and decimation factors are L and M , respectively. This structure can be additionally optimized by replacing the cascaded connection of the interpolation and the decimation filters by a single filter with the cut-off frequency S  , min , .
However, in the case when L and M are large numbers, this type of resampling structure is not suitable for practical realizations. Interpolation and decimation with large factors ( L and M ) require very sharp filters and a lot of processing power for implementation. Therefore, in the case of large L and M , it is usual to realize resampling part of the system in a different manner. Especially interesting class of filters used for the resampling are the filters based on Lagrange polynomic interpolations. This type of filters can be implemented efficiently by the usage of polynomic cubic Farrow structure [2] . In this paper, we focus on the realization based on the basic Farrow structure. Initial results of the proposed realization structures are presented in [3] . We chose this structure because it was introduced as an efficient design for the case of resampling of the audio signals from Compact Disc CD to Digital Audio Tape DAT standard [4] . However, the application of the Farrow structure is not limited to audio systems. In modern telecommunications systems, multirate concept is often needed. It is usual to realize resampling as a multistage structure. For example, a CIC filter can be used for the first step of the decimation and then "fine tuning" of the resulting sampling frequency can be archived by the Farrow structure. Apart from this one, there are many other usages in the implementation of timing recovery solution for QAM [5] and DVB-T systems [6] , in echo cancellation in digital modems and equalization in WiMAX and GSM communication systems [7] .
The rest of the paper is organized as follows. The basics of Farrow structure based on cubic Lagrange interpolation are given in the Section 2 of this paper. In the Section 3 the efficient realization of sampling rate change for FPGA platform is presented. We present detailed realization for a special casethe conversion of frequency sampling rate from 44.1 kHz to 48 kHz, i.e. with the factor 160/147. The results of implementation and estimation of necessary resources are given in Section 4.
Lagrange Interpolation and Farrow Structure
It is already well known in mathematics that a function which passes through 1 N  of given points can be described by the usage of Lagrange interpolation, i.e. polynomial of order N . Lagrange interpolator is very simply realized in the direct form of FIR filters which are connected in a cascade, which makes it very suitable for the implementation on FPGA platforms. In practice, cubic Lagrange interpolator is mostly used. For that reason, in this paper we present the realization based on the cubic Lagrange interpolator. Lagrange interpolators of fourth and higher orders can be realized as well.
Lagrange interpolation is precise on low frequencies and it never overestimates signal amplitude when the delay ( D ) is in interval
If we take into account that most of the real-world signals are lowpass and that the amplitude response of interpolator is one, for the delay inside of the above mentioned interval, it makes it very suitable for applications of sampling rate change [8] .
Beginning from hybrid analogue -digital model for signal interpolation and decimation, given in Fig. 1 , output signal   y l can be presented in the following form:
where  
x n is sample of input signal, and x T is the input signal sampling period. In the previous equation it is assumed that sample l  is central sample of interval 2 2
In the case of the Lagrange polynomic interpolation, impulse response,   c h t can be presented in the following form:
where
for N even. The form of the output signal of hybrid analogue digital model is given in the following form:
with values of l  given with:
[0,1),
where     defines a floor function, and where y T stands for the sampling period of the output signal. Coefficients   m c k are independent of parameter .  Based on the equation (5), general block diagram of Farrow structure for interpolation is constructed and given in Fig. 2 [9] .
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Fig. 1 -Hybrid analogue-digital model of signal interpolation and decimation.
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The advantage of such an approach lays in the fact that filter coefficients do not change. The only parameter that changes its value is  . This structure is very suitable for the FPGA implementation. Coefficients of Farrow structure filters are given in Table 1 . FIR C0 (1) C0 (2) C0 (3) z
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Realization of Farrow Structure on FPGA Based Platform
The realization is given on the example of Xilinx Spartan 3A-DSP chip. Block diagram is presented in Fig. 3 . For the realization of Farrow structure, we have considered the example in which input signal frequency sampling rate is 44.1kHz. Due to system efficiency, the working frequency of the design is 88.2 kHz, i.e. twice higher than sampling rate. In that way, resource time sharing inside FPGA chip is enabled, as there are two available clocks for the processing of one sample of input signal. Filters realization for sampling change rate can be divided into three parts described in the following subsections.
Processing of µ value and corresponding
write enable signal for the FIFO Block diagram of the realized block "processing of  value and the corresponding FIFO write enable signal" is shown in Fig. 4 . In this specific case, when sampling rate change of input signal is 160/147, the (5) can be written in recursive form: 
Based on the (6), the values for µ are generated by simple accumulator whose initial value is set to 147 160
x y T T  , i.e. 1 0.91875   . The parameter µ value is calculated for every second clock, with exception of the cases when accumulator output is less than one. In the case when the accumulator output is less than one, we need both clocks for the same sample of input signal  
x n , as it refers to the interpolation of the input signal.
Accumulator enable signal is generated by one bit counter which works on 88.2kHz (the value of the counter is set to 1 at every second clock), which is connected to comparator output of accumulator output and 1 by logical "or" circuit.
The scheme also includes the block entitled "remove integer part of number" in which integer part of accumulator output is cut-off (floor function). This block is realized by simple cut-off of the highest bit of accumulator output.
For each valid value of µ parameter, a suitable write enable signal is generated for FIFO (First In First Out) memory, which is at the same time the enable signal for the work of FIR filters. The value of the control signal is generated as delayed version of the accumulator enable signal.
Filtering of the input signal through Farrow structure
Based on the block scheme presented in Fig. 2 , Farrow structure for cubic Lagrange interpolator is realized, where filter coefficients are given in Table 1 . In order to get efficient realization of the above mentioned structure, each coefficient from the table is multiplied by 6, so that multiplication is used instead of division. This approach is suitable for the FPGA architecture in which there are already hardware realized multipliers. In that manner, coefficients   Furthermore, in comparison to the scheme shown in Fig. 2 , it is possible to additionally save some resources by removing delay elements in front of the structure for input signal filtering, as presented in Fig. 3 . Each line of the input signal with different delay is marked by different color. FIR 0
logical left shift In the end, it is necessary to multiply filter outputs with appropriate µ values and to sum them. This part of structure is implemented by DSP48 blocks, which are hardware implemented multipliers inside Xilinx Spartan 3A-DSP chip. The blocks are used so that they work in the regime of multipliers and adder with additional port, i.e. P C A B    . In this way, only three multipliers were necessary for the realization of the whole structure. The delay of the multiplying operations results via DSP48 block, which includes two clocks, is compensated by the delay of the appropriate µ value for the same amount of clocks, for each FIR filter output.
FIFO memory
In order to enable signal transition from one clock domain into another one, it is necessary to implement FIFO memory with independent read and write clock. On the write clock domain side, the data are written on the appropriate control enable signal with the frequency of 88.2 kHz, while they are continuously read with the frequency of 48 kHz. Fig. 3 shows FIFO memory in blue color.
Results
The shown implementation is tested for input test signal which is the music audio data captured with 44.1kHz sampling rate. Spectra and time frames of input and output signals are shown in Figs. 6 and 7. As described in Section 3, additional structure efficiency is achieved by integer filter coefficients, resulting in gain of 6 in the output signal. This gain can, if necessary, be compensated by additional multiplier. Figs. 6 and 7 show output signal as 6 times weaker in order to be compared to the input test signal more easily. Based on both pictures, it is clear that the presented implementation has given the expected result. In other words, information in time and frequency domains are preserved. Table 2 presents the estimations of the necessary resources for the implementation of Farrow structure for sampling rate change on Xilinx Spartan 3A-DSP 3SD3400ACS484-4. As a tool for design development, Xilinx System Generator 13.4 was used within Matlab Simulink. Only three multipliers were used for structure implementation, which stands for 2% of the overall number of DSP48 blocks. Block RAM memory was not used. The overall number of LUT (Look-Up Table) 
Conclusion
This paper shows one efficient solution to the implementation of basic Farrow structure on FPGA platform. The structure is implemented for frequency sampling rate change of the audio signal, i.e. for the conversion of audio format between CD and DAT standards. Frequency sampling rate of the input signal is 44.1kHz, and frequency sampling rate of the output signal is 48kHz. The problem of existence of two different sampling frequencies, i.e. two different sampling periods, is solved by the usage of FIFO memory. FIR filters are realized without multipliers, so the overall number of necessary multipliers is reduced. Additional saving is achieved by using mutual delay line for all filters.
In existing telecommunications and digital audio systems, sampling rate change represents only a small part of a complex system. For that reason, it is desirable that it uses the least possible amount of available resources. The suggested implementation of Farrow structure for sampling rate change, shown in this paper, can easily be adjusted for the usage in other telecommunications or digital audio systems, for example 8VSB ATSC signal demodulator for solving timing recovery issues. If we take into account that filter coefficients, and their structure, remain unchanged for various relations between input and output sampling rate, the given structure is simply adapted by modification of the block 'processing of  value and the corresponding FIFO write enable signal' in the specific case, by simple change of the initial value of accumulator.
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